In a recent paper [P. Rizzo, G. Bordoni, A. Marzani, and J. Vipperman, "Localization of Sound Sources by Means of Unidirectional Microphones, Meas. Sci. Tech., 20, 055202 (12pp), 2009] the proof-of-concept of an approach for the localization of acoustic sources was presented. The method relies on the use of unidirectional microphones and amplitude-based signals' features to extract information about the direction of the incoming sound. By intersecting the directions identified by a pair of microphones, the position of the emitting source can be identified.
INTRODUCTION
Acoustic sound source localization (SSL) has widespread applications such as teleconference tracking of speakers [1] , human-robot interaction [2] , and air/ground objects recognition [3] . Two approaches can be pursued for SSL: active and passive. An active system sends out preset signals to the potential target and compares it with the echo signal, similar to how a bat locates its prey using ultrasonic pings. Sonar-and radar-like systems belong to this category. Passive localization systems only receive signals generated by the targets.
Conventional SSL methods use microphones arrays made of physically separated microphones so that the variation in amplitude, delay time, and reverberation at different locations can be exploited. These methods can be loosely divided into two main categories: steerable beamforming and time delay estimation (TDE). In beamforming a full directional scan is undertaken to determine the source direction from the maximum signal power [7, 10] . In TDE the time offset between the received signals for a single sound source is calculated and it represents the difference between the travel times for the signal to each microphone position [4] . For both methods, omnidirectional microphones (OMs) are used. OMs are sound detectors whose output does not depend on the direction of the sound propagation, and the response is generally considered to be a perfect sphere.
In a recent paper Rizzo et al. [5] proposed a passive scheme based on UMs and amplitude-based features. UMs are sound transducers that possess a strong dependence on the incidence angle of the acoustic source. Such directivity is described by the polar directivity pattern (PDP). Although directional microphones provide significantly superior sound quality and can be utilized for adaptive noise cancellation and noise discrimination, only few researchers used directional microphones for SSL [6] [7] [8] .
In this paper, the work of ref. [5] has been expanded. The directivity of UMs is exploited to estimate the direction of the incoming sound. By intersecting the directions identified by microphone's pairs, the position of the source is determined. The effectiveness of this novel localization approach is tested in an indoor setting. The results are then compared to those obtained by a conventional TDE approach. The objective of the effort is to propose a new generation of sound detectors and localizers that can minimize the spacing between the microphone elements..
ANALYTICAL POLAR PATTERN
Three Audio-Technica unidirectional microphones were tested in an anechoic chamber. A portable National Instruments PXI unit running under LabView, a commercial loudspeaker, and a motorized rotational stage were used to perform the experiment.
Five-cycle Gaussian-windowed sinusoidal tonebursts from 400 Hz to 4 kHz at 200 Hz step were sent to the speaker. The detected signals were sampled at 32.768 kHz and post-processed to extract the peak to peak (ppk) amplitude. This feature was calculated at each acquisition angle, resulting in the creation of the empirical PDP at various frequencies. Figure 1 shows the experimental PDP associated with the ppk amplitude of the detected pulses at four different frequencies. As expected, the shape of the PDP changes with the frequencies and few lobes appear.
In order to apply the semi-analytical approach described in ref. [5] , the equation of the PDP is necessary. The values of the normalized ppk at 1200 Hz as a function of the azimuth angle were calculated by using the MATLAB function fit and the Fourier polynomial type. The equation that best fits was found to be the 7 th order Fourier equation: The empirical coefficients a 0 , a n , and b n are summarized in Table 1 .
SETUP
An array of three UMs was deployed inside an empty laboratory about 7 m long and 6.4 m wide. Photos of the in-house software created for the experiment, of the speaker and the array, and their relative distances are presented in Fig. 2 . The photos show the presence of an OM. The role of this microphone is not part of the present research and its presence in the experiments will not be discussed further.
The hardware/software system utilized to conduct this test was identical to the one used for the anechoic chamber tests. A 5-cycles Gaussian-windowed sinusoidal toneburst ranging from 400 Hz to 4 kHz at 200 Hz step was sent to the speaker. The tests were conducted such that the position of the speaker changed. Figure 3 shows the positions (S1, …, S8) of the speaker with respect to the array location. The arrangement of the UMs is 30º/0º/-30º, where the first angle is relative to microphone C, the second angle to microphone A, and the last angle to microphone B. 
RESULTS
The position of the loudspeaker was determined by exploiting the empirical PDP. The results from recording pulses at 1200 Hz are presented herein. Figure 4a shows the time waveforms captured by the array when the 1200 Hz toneburst was generated. For each detected signal, the main burst is followed by smaller pulses originated by the reflection from the room's boundaries. The ppk amplitudes of the main bursts were equal to 0.625 V, 0.494 V, and 0.542 V for sensors A, B, and C, respectively. The position of microphone C was symmetric with respect to the speaker. This is confirmed by the simultaneous arrival of the pulse. However the ppk amplitudes recorded by the microphones were about 9% different. This might introduce some level of inaccuracy in the determination of the incoming sound direction. To mitigate the effects associated with different sensitivities that may arise from manufacturing differences, a calibration factor computed empirically was applied to the successive analyses.
As a normalized value is necessary to use the experimental polar pattern, we decided to normalize these amplitude values with respect to the amplitude recorded by microphone A (0.625 Volts). The normalized values of the microphone output levels associated with the ppk from detectors A, B, and C were then equal to 1.00, 0.670, and 0.618, respectively. Such values are represented by the circles superimposed in the corresponding PDP of Fig. 4b . The potential incidence angles identified by each microphone were + 71º and -11° for microphone C, 0º for microphone A, and + 14º and -74° for microphone B.
The algorithm then traced the lines departing from the microphone coordinate along the direction of these potential incidence angles. The lines, shown in The same approach described above was used to localize the speaker placed in different positions in the laboratory according to the scheme illustrated in Fig. 3 . Figure 5a compares the results of the ppk feature applied to the 1200 Hz pulse recorded by the microphone array when the speaker was positioned at S4. The red circles represent the solutions found, the asterisk the position of the speaker, and the green square indicates the position of the acoustic sensors.
Similarly, Figure 5b compares the results of the localization process when the speaker was located at position S7 and the feature of ppk applied to the 1200 Hz propagating sound was used. Although positions S3 and S7 were symmetric with respect to the array, the localization of position S7 was more accurate than S3.
The results from these two cases are summarized in Table 2 , which lists the results associated with all eight speaker positions.
COMPARISON WITH CONVENTIONAL APPROACH
For comparative purposes, the localization of the speaker was also attained by comparing the differences among the time of arrival of the waves at the microphones. The authors have used this approach in the nondestructive evaluation method called acoustic emission [9] . The time of arrival ts,i of the wave at each microphone (s) can be written as:
r r (2) where r = (x s,i ,y s,i ) is the position vectors of microphones (i = 1,2,3), r = (x, y) is the position vector of the source, and v p is the velocity of sound assumed to be equal to 343 m/s. T identifies the instant at which the sound was emitted.
In Eq. (2) the location of the microphones is known and the arrival time t s,i is measured on the base of a fixed threshold for waveforms' amplitude (0.015 Volts). A non-linear least squares approach was used to solve the unknowns. The method uses an iteration algorithm where the estimation of the solution is computed by minimizing the errors of the unknown parameters. The results are summarized in Table 3 . The results show an overall fairly good agreement with the true ones. However in some cases differences on the order of 30 cm and in the S8 case on the order of about 80 cm can be recognized. These values are too high if we compare them and the relative short distance of the speaker with respect to the microphones. A possible explanation can be associable with the choice of a fixed value of the threshold that provides not exact arrival times. Summarizing, this method gives only in some cases good results, but they depends on the microphones' orientation, sensitivity and type, and probably on the threshold chosen. Therefore it is not much reliable for practical applications.
CONCLUSIONS
This paper presents the results of a sound source localization scheme based on the use of UMs and amplitudebased sound features to determine the planar position of an acoustic pulse source. In the method proposed here the PDP is exploited to associate the detector output to a certain sound direction. By intersecting the directions provided by microphones' pairs, the position of the emitter is identified.
In this study, the directivity of the microphones was analytically determined in an anechoic chamber. The PDP associated with one microphone was considered representative of all sensors. Then the performance of the algorithm to localize the position of a speaker in a closed environment was tested and compared to the results found by means of a conventional time-delay estimate method. The outcomes of this study make it obvious that the accuracy of the localization algorithm is closely related to the precision of the experimental polar pattern. As the method relies upon amplitude-based features, the sensitivity of the hardware system to capture the same amplitude pressure irrespective of the microphone and the data acquisition channel used is critical. Future studies must take into account these aspects by, for instance, introducing calibration factors empirically determined.
